In real life, when a noise problem occurs, it is important to identify the cause and measure the noise of the source, since it may affect human beings or other constructions due to vibration generated from noise, so it is necessary to determine the noise related to a specific source like a machine in the presence of other sources which is a very important approach in noise control engineering. In this article a full experiment was executed to measure the sound pressure levels of various sources (stationary and non-stationary), in both an anechoic chamber and a non-ideal noisy environment. The sound pressure level was extracted for different sources and compared for both ideal and non-ideal environment. The results showed that acoustical free field of the space is the best field to do measurements to avoid reflection, on the other hand the difference between the source and the background should be more than 3 dB to get better results.
DOI: 10.4236/oja.2018. 82002 14 Open Journal of Acoustics acoustic pressure p(t), is the sum of all waveforms p s (t), (s = 1, 2, 3, …) [3] , caused by the individual sources. When only one source is of interest, all other sources are considered as background noise [4] . Free field means propagation of sound in space without reflections [5] . This condition can be achieved in anechoic chamber in which all the walls including the floor and the ceiling are covered with a highly absorptive material to avoid reflection [6] . Figure 1 shows a wall in the anechoic chamber in which the design was made according to ISO 3745 [7] , to ensure free field conditions inside the chamber [8] . This paper provides an overview of the main experimental techniques employed for measuring sound pressure levels in ideal and non-ideal environments which was not done before.
Sound Pressure Level and Decibels
Sound pressure level (SPL) uses the decibel logarithmic unit of sound pressure (dB) named after Alexander Graham Bell, to express the wide range of sound pressures perceptible to humans in two or three digits [9] [10] [11] :
spl/ 20 rms ref
SPL in decibels is 20 times (log 10 ) of the rms (square root of the mean square pressure acoustic pressure) relative to a reference pressure, The commonly used "zero" reference acoustic pressure in air is 20 µPa rms, which is usually considered the threshold of human hearing (at 1 kHz)which is a pressure of 0 dB. Figure 3 means "Wave patterns created by a stationary sound source S are symmetric in every direction" [13] , in which the sound velocity (c s , and the wave length λ are shown), while non stationary sound signal means that spectral content changes with time [14] . Background noise or ambient noise is defined as any sound other than the sound being monitored.
Experimental Setup
The major components used to execute the experiment were:
1) Sound source generated from a laptop them emitted through a loud speaker.
2) Anechoic chamber (ideal condition), and a room (which represents the real environment) to carry out the measurements in both ideal and non-ideal environments. Figure 3 . Stationary sound source [13] . 6) National instrument 2-channel data acquisition system type NI 9234.
Different photos were taken to illustrate the experiential setup, Figure 4 shows the sound source, the microphone, both inside the anechoic chamber, the distance from source to microphone was (24 inches), finally the laptop and the data acquisition system used in the experiment. Figure 5 shows the arrangement inside the real room, in which two sources were used, one as a background, and the other is the source, the distance between speakers and microphone was 24 inches.
The frequency band used in this experiment was a (1/3) octave band. To clarify the concept of octave band, it should be mentioned here that linear frequency scale (100 Hz, 200 Hz, 300 Hz, etc.) is inconvenient for assessing acoustical frequencies [13] , which range from 20 Hz to 20,000 Hz, it is more convenient to separate this audible frequency range into ten unequal segments called Hz, 250 Hz, etc. [13] . On the other hand, one third octave band means that the octave band is separated into three ranges, this band is mainly used in environmental and noise control applications, since it provides a further in-depth outlook on noise levels across the frequency composition [16] . The averaging time was 30 seconds, and this is simply the time for calculating the average of data.
The laptop in which the software is installed was connected to the data acquisition system , then the data acquisition system was connected to both the speaker and the microphone, the signal was generated from the laptop and the output noise was emitted through the speaker, the signal was captured by the microphone and then resent to the laptop through the data acquisition system , the signal was analyzed by the software and the SPL for each frequency can be read, the different values for different sources were utilized to extract any source noise of interest. The first step of the experiment was to measure the SPL of the ambient environment and different sources inside the anechoic chamber (f cut-off = 120 Hz), those measurements were considered as a bench mark measurements , the sound sources used in the experiment were (white noise, synthesized noise, harp music, NPR news),in which the first two sources are stationary and the other two are non-stationary, to avoid reflection of sound the speaker was laid on the floor inside the anechoic chamber, then the microphone was laid on a pad at a distance of 24 inches from the source, this distance is the distance in which free field was detected inside the actual room space [5] .
Results and Discussion
The experiment was started by measuring the ambient in the anechoic chamber, then, four different sounds (Harp music, White noise, NPR news and Synthesized sound) were measured in the anechoic chamber, the next step was measuring mixed noises (Harp music and synthesized), (Harp music and white noise) in the anechoic chamber. Moreover, synthesized sound and white noise were measured as a background in the anechoic chamber. Same measurements were repeated in the room.
The excel files exported from the software have two readings, the frequency, and the SPL for the measured sound. The charts showed the SPL versus distance for each direction and for the frequency band from (100 Hz-20 kHz).
The first comparison was taken between ambient measurements in both rooms as shown in Figure 6 .
It can be seen that the data converge as the frequency increases; this may be due to the fact that after the cut off frequency of the room (2000 Hz), the data becomes more accurate. 3) Combined (harp & synthesized), background (synthesized)
As it can be seen from the Figure 7 , the results were good in the frequency range (160 -1600 Hz), however below or above this range, there are some results that can be ignored, because the background or ambient SPL exceeds the combined noise SPL, in such a case the equation can't be used. The source types either stationary or non-stationary didn't affect the extracted results. It should be noted here that word synthesize means to produce by combining separate elements. Thus, synthesized sound is sound that a musician builds from component elements, while sound synthesis means the electronic production of sound where no acoustic source is used [17] [18] . Figure 9 shows the synthesized noise in room extracted from combined synthesized and ambient, with ambient was used as background, the other case is synthesized extracted from combined synthesized and white noise, with white noise as a background.
Again from Figure 9 , some results are good, others are not, the anechoic chamber results can't be calculated because the background SPL exceeded the source SPL, this is may be due to the fact that background noise was louder than the source noise. Figure 10 shows the white noise in the room extracted from combined white and ambient, with the ambient as background, the other case was white extracted from combined synthesized and white, with synthesized as a background, 100  125  160  200  250  315  400  500  630  800  1000  1250  1600  2000  2500  3150  4000  5000  6300  8000  10000  12500  16000 100  125  160  200  250  315  400  500  630  800  1000  1250  1600  2000  2500  3150  4000  5000  6300  8000  10000  12500  16000 From Figures 11-14 , a comparison was made between the same sources in the two environments. For all cases it is obvious that there is a difference between the two environments, in real environment the SPL is higher, this is due to the reflections in the room, and the noise emitted from other sources like air conditioning unit, cars in the street, etc. It can be observed that the source type either stationary or non-stationary doesn't affect the results. Again some measurements disappear from the figures due to the fact that background sound exceeds source sound. Figure 15 is a Harp extracted from different combinations in both environments, in this figure the results related to both environments (anechoic and real room) coincide, which means the measurements were correct, however, there is a difference in the results for the same frequency in both environments, it is higher in the real room, again some results in each environments can't be calculated as background noise exceeds source noise. 100  125  160  200  250  315  400  500  630  800  1000  1250  1600  2000  2500  3150  4000  5000  6300  8000  10000  12500  16000 100  125  160  200  250  315  400  500  630  800  1000  1250  1600  2000  2500  3150  4000  5000  6300  8000  10000  12500  16000 
Conclusions
This article deals with an important issue in noise control problems, and it gives a scientific point of view on how to deal with problems in real life. It was shown how to extract any noise source from a combination of sources if the background is known. An important conclusion is that if the source type is either stationary or non-stationary, it will not affect the results. The difference between the source and the background should be more than 3 dB to be in the free field zone to get better results and avoid reflection. Finally the background noise shouldn't be louder than the source to guarantee precise results. 
